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Abstract 
A new procedure for automatic diagnosis of pathologies of the larynx is presented. The new procedure has the advantage 
over other traditional techniques of being non-invasive, inexpensive and objective. The algorithms for determination of 
jitter and shimmer parameters by their Jitta, Jitt, RAP, ppq5 in case of jitter and Shim, SHDB, apq3 and apq5 in case of 
shimmer are presented. The algorithm developed and implemented for determining the HNR (Harmonic to Noise Ratio) are 
also presented. The developed tools allow the diagnosis that indicates whether or not the voice is pathologic. 
© 2013 Published by Elsevier Ltd. Selection and/or peer-review under responsibility of 
CENTERIS/HCIST. 
Keywords: Fundamental frequency; speech jitter; speech shimmer; Harmonic to Noise Ratio; larynx pathologies. 
1. Introduction 
The present work has as a backdrop the study of the speech signal in Signal Processing, and has as main 
objective to make the automatic diagnosis of laryngeal pathologies. From the speech signal it is possible to 
extract a set of parameters of the voice. Thus, it is possible to detect pathologies of the vocal cords in 
individuals by comparing the data of patients with certain pathology with the data of persons considered with 
wealthy voice. 
The disorder's voice can be noticeable by the analysis of several acoustic signal parameters. 
In the medical field various techniques have been used to assess the patient's voice quality. One of them 
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consists in the auditory perceptual analysis. However, these may lead to different results depending on the 
experience of the practitioner involved. This is a subjective assessment technique which leads to the lack of 
consensus among professionals. Therefore it became necessary to search for an objective assessment, in which 
the voices were analyzed by devices which are capable of measuring several acoustic parameters, as Almeida 
[1]. 
The most common signs that may indicate changes in the larynx relate hoarseness, breathiness and 
roughness. The transient hoarseness may result from abuse of the voice or the casual flu. But when the 
hoarseness persists and becomes a characteristic voice, is indicative of pathology of the larynx. Hoarseness can 
also be an early symptom of cancer of the larynx, Teixeira, et al. [2]. The most common pathologies affecting 
voice are vocal nodules, the laryngitis, the paralysis, polyps, cysts and Reinke's Edema. Other pathologies of 
the larynx that may lead to dysphonic speech are ulcers of contact, as Lopes [3]. 
The parameters obtained by the acoustic analysis have the advantage of describing the voice objectively. 
With the existence of normative databases characterizing voice quality or using intelligent tools combining the 
various parameters, it is possible to distinguish between normal and pathological voice or even identify or 
suggest the pathology. These tools allow the monitoring of clinical standpoint and/or employment and reduce 
the degree of subjectivity of perceptual analysis, as Teixeira, et al. [2]. 
Currently, acoustic parameters commonly used in applications of acoustic analysis as well as the most 
referenced in the literature, are the fundamental frequency, jitter, shimmer and HNR. The fundamental 
frequency (F0), measured in Hertz, is defined as the number of times a sound wave produced by the vocal 
cords repeats during a given time period. It is also the number of cycles of opening/closure of the glottis. There 
is a typical range of values of this frequency for the different genders and ages. But these values are not 
stationary since F0 is also used to convey prosody. Besides, it also vary with sex and age, thought to depend on 
factors such as the state of mind of the person, the time of day that fit the lifestyle and professional use of 
voice, as Teixeira, et al. [2]. 
Measurements of F0 disturbance jitter and shimmer, has proven to be useful in describing the vocal 
characteristics. Jitter is defined as the parameter of frequency variation from cycle to cycle, and shimmer 
relates to the amplitude variation of the sound wave, as Zwetsch et al. [4]. In figure 1 it can be seen the 
representation of these parameters. 
These parameters can be analyzed under a steady voice producing a vowel continuously. 
The jitter is affected mainly by the lack of control of vibration of the cords; the voices of patients with 
pathologies often have a higher percentage of jitter. Most researchers considered as typical value variation 
between 0.5 and 1.0% for the sustained phonation in young adults. 
The shimmer changes with the reduction of glottal resistance and mass lesions on the vocal cords and is 
correlated with the presence of noise emission and breathiness. It is considered pathological voice for values 
less than 3% for adults and around 0.4 and 1% for children, as Guimarães [5]. 
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Figure 1: Representation of Jitter and Shimmer perturbation measures in speech signal. 
 
The HNR is an assessment of the ratio between periodic components and non periodic component 
comprising a segment of voiced speech, as Murphy and Akande [6]. The first component arises from the 
vibration of the vocal cords and the second follows from the glottal noise, expressed in dB. The evaluation 
between the two components reflects the efficiency of speech, i.e., the greater the flow of air expelled from the 
lungs into energy of vibration of vocal cords. In these cases the HNR will be greater. A voice sound is thus 
characterized by a high HNR, which is associated with sonorant and harmonic voice. A low HNR denotes an 
asthenic voice and dysphonia. That is, with a value of less than 7 dB in HNR is considered pathological, as 
Boersma [7]. 
Some authors (Guimarães, [5]) presented the values of table 1 for the threshold of voice pathology. 
Table 1. Threshold values for pathologic voice. 
Parameter Threshold value 
Jitt (%) 1.04 
Jitta (μs) 83.2 
Rap (%) 0.68 
ppq5 (%) - 
Shim (%) 3.81 
ShdB (dB) 0.35 
Apq3 (%) - 
Apq5 (%) - 
 
Some systems that use this set of parameters to diagnose pathologic voices do not agree in the measured 
parameters as reported by Bielamowicz et al. [8]. Therefore the improvement in the algorithms used to 
determine these parameters still been required. Brockmann-Bauser [9] developed some techniques to improve 
the algorithms. Other authors such Vasilakis and Stylianou [10] determine the jitter parameter in the frequency 
domain. The author Brockmann-Bauser [9] reported also that several factor may influence the parameters 
values, such the sound-pressure-level (SPL) or even the way the voice were used during the day. The age also 
influences the threshold for pathologic voices, as reported by Wertzner et al. [11] for children. 
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2. Methodology 
2.1. Signal Record 
The signal that is intended to be analyzed corresponds to a continuous and sustained pronunciation of one 
vowel. For this work the subjects reproduced the vowel /a/. 
This study involved several subjects with ages between 20 and 23 years. All the subjects are students. After 
collecting the corresponding acoustic signals only one male and one female signal were selected for analysis. It 
should be noted that the selection of the subjects took into account the fact that they have no signs or symptoms 
of voice disorders. 
Initially, the record consisted in a 3-4 seconds of sustained sound of the vowel /a/ for each speaker, with a 
minimum duration of 2 seconds. The record was performed using the Praat program and digitally recorded in 
the .wav format. The signal record was performed inside a laboratory with minimal acoustic conditions. In this 
room, each speaker sat comfortably and with a microphone (Sony ECM - MS907) 10cm away from the mouth. 
The sampling frequency used for recording these signals was 22.05 kHz, with 16 bit resolution and mono. It 
should be noted that the laboratory did not have the ideal characteristics, however, took up all the necessary 
precautions so that the signals were collected in an environment as good as possible. 
2.2. Determination of jitter 
To determine this parameter, that reflects the variation of the successive periods, the algorithm started to 
implement a function that detects the timing of the fundamental period. The output vector of the function 
contains the peaks levels corresponding to the beginning of the glottal pulse signal, this means, this function 
returns a vector of the same size but only with the peaks. 
 
This function removes the linear trends of the signal and then uses a moving average with length 
corresponding to about 10 ms (a length similar to one glottal period). Then the peak is searched as the 
maximum of the acoustic signal under a window of 15 samples before and 15 samples after the index of the 
maximum of the moving average. 
Analyzing the results of the algorithm the peaks are correctly extracted except when the maximum is a 
negative peak, as can be seen in figure 2. 
Therefore, as one can ascertain the function of this timing does not detect the true maximum absolute peak, 
because the positive peak are detect when it should detect the negative peak because it presents a higher 
magnitude compared to the positive peak. This situation was corrected using the module of the input signal. 
The situation became corrected as shown in figure 3 for negative peaks and figure 4 for positive peaks. A 
problem may arise when from one period to the following the maximum peak changes from the negative peak 
to the positive or vice versa. 
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Figure 2: Representation of the signal peak corresponds to the glottal pulse in a women voice. 
 
Figure 3: Visualization of the absolute maximum peaks after using the module function for negative peaks. 
 
Figure 4: Visualization of the absolute maximum peaks after using the module function for positive peaks. 
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After the determination of the onset time of the glottal pulses the jitter can be determined for its several 
measures shapes given by the formulas shown below (Boersma [7]; Teixeira et al. [2]). 
Jitter (local, absolute): Represents the average absolute difference between two consecutive periods and is 
known as jitta. The threshold value to detect pathologies in adults is 83.2 µs as reported by Guimarães [5]. 
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Jitter (local): Represents the average absolute difference between two consecutive periods, divided by the 
average period. It is known as jitt and has 1.04% as the threshold limit for detecting pathologies. 
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Where Ti is the duration in seconds of each period and N is the number of periods. 
Jitter (rap): Represents the average for the disturbance, i.e., the average absolute difference of one period 
and the average of the period with its two neighbors, divided by the average period. The threshold value to 
detect pathologies is 0.68%. 
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Jitter (ppq5): Represents the ratio of disturbance within five periods, i.e., the average absolute difference 
between a period and the average containing its four nearest neighbor periods, i.e. two previous and two 
subsequent periods, divided by average period. 
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Despite the same formulas used by different algorithm author’s, the usage of the formulas can vary in the 
algorithms implementation considering different length of the used signal segment or even using several small 
segments and averaging its parameters for the whole signal. Besides, there are differences in the determination 
of the onset time of the glottal pulses. 
2.3. Determination of shimmer 
The methods used for determine the Shimmer are identical to jitter, the main difference is that the jitter 
considers periods and shimmer takes into account the maximum peak amplitude of the signal. 
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To determine the Shimmer parameters the methods used for the jitter was followed. The algorithm began by 
determining the onset time of the glottal pulses of the signal and the respective magnitude of the signal at that 
sample. Then the algorithm was applied to determine the values of each parameter of Shimmer similarly as for 
the jitter. The shimmer parameters are given by following expressions (Boersma [7]; Teixeira et al. [2]). 
Shimmer (local): Represents the average absolute difference between the amplitudes of two consecutive 
periods, divided by the average amplitude. It's called a shim and this parameter was 3.81% as the limit for 
detecting pathologies. 
1
1
1
1
1
1 100
1
N
i i
i
N
i
i
A A
NShim
A
N
−
+
=
=
−
−
= ×
∑
∑
  (5) 
Shimmer (local, dB): Represents the average absolute difference of the base 10 logarithm of the difference 
between two consecutive periods and it is call ShdB. The limit to detect pathologies is 0.350 dB. 
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Shimmer (apq3): represents the quotient of amplitude disturbance within three periods, in other words, the 
average absolute difference between the amplitude of a period and the mean amplitudes of its two neighbors, 
divided by the average amplitude. 
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Shimmer (apq5): Represents the ratio of perturbation amplitude of five periods, in other words, the average 
absolute difference between the amplitude of a period and the mean amplitudes of it and its four nearest 
neighbors, divided by the average amplitude. 
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2.4. Determination of HNR 
The implementation of the harmonic to noise ratio was based on the mathematical fundaments presented by 
Boersma [7]. It started by the detection of the autocorrelation function of the voice signal, as the example 
displayed in figure 5. 
First local peak 
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Figure 5: Visualization of 1 local maximum of the autocorrelation result. 
 
The first local is the peak identified in Fig. 5 and corresponds to the peak after the index 1. The ACV(T) of 
eq. 9 is the peak at the index position corresponding to the period of the signal. Therefore the expected values 
for F0 define a position for that peak between two indices. Taking into account the set value for the 
fundamental frequency (for women of 200 to 300Hz in the case of Man between 80 and 200 Hz and in the case 
of child voice it varies between 400 and 500 Hz) for the first index (fs/F0max) and the second index 
(fs/F0min). After determining the indices the local maximum is found within the first and second index, finding 
their respective amplitude. 
Then applying the following formula it is found the value of HNR, Boersma [7]. 
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Despite the usage of the same mathematical formula the algorithms are different also because of the length 
of used segments or even because of the usage of several segments. 
3. Presentation and Discussion of Results 
In this section we present the results of jitter, shimmer and HNR for two signals under study, one male and 
the other female subject. In tables 2, 3, 4, 5, 6 and 7 the set of parameters are presented for the two signals. The 
second column shows the values obtained using the Praat software (Boersma and Weenink [12]), and the last 
column reports the values obtained with the algorithm developed in this work. 
 
Table 2: Values for the jitter with a female signal 
Female Signal Praat Alg.  Devel. Alg. 
Jitta (μs) 17  29 
Jitt (%) 0,39  0,66 
RAP (%) 0,23  0,43 
ppq5 (%) 0,25  0,46 
Table 3: Values for jitter with a male signal 
Male Signal Praat Alg.  Devel. Alg. 
Jitta (μs) 18  30 
Jitt (%) 0,26  0,43 
RAP (%) 0,15  0,28 
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ppq5 (%) 0,15  0,28 
Table 4: Values for the shimmer with a female signal 
Female Signal Praat Alg.  Devel. Alg. 
Shim (%)  2,28  2,43 
ShdB(dB) 0,20  0,45 
apq3 (%) 1,30  2,70 
apq5 (%) 1,37  0,72 
Table 5 Values for the shimmer with a male signal 
Male Signal Praat Alg.  Devel. Alg. 
Shim (%)  1,72  2,01 
ShdB(dB) 0,15  0,10 
apq3 (%) 1,00  1,37 
apq5 (%) 1,07  0,79 
Table 6: Values for the HNR with a female signal 
Female Signal Praat Alg.  Devel. Alg. 
HNR(dB) 21,7  15,3 
Table 7: Values for the HNR with a male signal 
Male Signal Praat Alg.  Devel. Alg. 
HNR (dB) 23,7  17,3 
 
The used voices did not include any pathologic voice. An analysis of jitter parameters shows that the 
parameters are under the threshold values for pathologic values. Comparing the output of the developed 
algorithm and Praat it can be considered similar and with correct diagnose. The values for RAP and ppq5 are 
similar in each algorithm. 
The Shimmer parameters gives a healthy voice for the Shim (<3.81%), but for ShdB the developed 
algorithm gave a pathologic voice (female) recommending attention to the other parameters. Comparing the 
output of the algorithm and Praat the differences are higher than for Jitter parameters. 
For HNR both cases (male and female) for the developed algorithm and for Praat the values are higher than 
7 dB meaning healthy voices, although this threshold cannot be taken as scientific limit. 
Since almost all values are within the range of values considered healthy voices the small differences among 
the developed algorithms and Praat software cannot be considered significant. The ShdB for the female voice is 
contradictory to the other parameters. 
Analyzing the differences between Praat and the developed algorithm the following aspects should be 
considered. The number of peaks under analysis for both algorithms do not match, meaning that it is not 
analyzed the same number of peaks, hence the values differ, and therefore the length of the compared signal are 
not exactly the same, being this one of the reasons that can explain the small differences. 
Regarding the results obtained for HNR the difference of output is due to the fact that the Praat make an 
average of every 80 ms, i.e., every 80 ms determines a value HNR providing in its final the average of all 
intervals. In the algorithm developed here the HNR value is provided taking into account the first local 
maximum, considering only one value using the entire signal. 
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The values for F0 are another factor to take into account because they are not standardized as their alteration 
can affect the value of HNR. 
Finally, in order to verify the accuracy of the developed algorithm and Praat algorithm a synthesized /a/ 
vowel with exactly the same period and amplitude along periods, i.e. no jitter and no shimmer, was produced 
using the formant synthesizer (Teixeira and Fernandes [13]). The signal was submitted to the Praat and the 
developed algorithm. Tables 8 and 9 present the output for Jitter and Shimmer, respectively. The total number 
of cycles analyzed was 194 with the developed algorithm and 199 with Praat. It can be seen that the values 
presented in tables 8 and 9 are almost insignificant for both algorithms, but lower with the developed 
algorithm. 
Table 8: Values for the Jitter with a synthesized signal 
Synth. Signal Praat Alg.  Devel. Alg. 
Jitta (μs) 0.003  0.000 
Jitt (%) 0,00003  0,00000 
RAP (%) 0,00002  0,00000 
ppq5 (%) 0,00002  0,00000 
Table 9: Values for the Shimmer with a synthesized signal 
Synth. Signal Praat Alg.  Devel. Alg. 
Shim (%)  0,0008  0,0003 
ShdB(dB) 0,00007  0,00002 
apq3 (%) 0,0003  0,0000 
apq5 (%) 0,0001  0,0000 
4. Conclusion 
In this paper the algorithms and its implementation to determine parameters associated with jitter, shimmer 
and HNR in its various measures such as the jitt, jitta, RAP and ppq5 for jitter and the shim, SHDB, and Apq3 
Apq5 for the shimmer was presented. 
Comparing the output for the parameters for two healthy voices (one male and other female) using the Praat 
and the developed implementation it can be considered at the same level, and both produced a diagnose of 
healthy voices. Despite, a small difference exists between the algorithms that can be partially explained by the 
different length of signal used. 
Regarding the algorithms developed to determine the jitter and shimmer, it is worth noting that the absolute 
maximum peak detection is extremely important for the accuracy of the output. Once these parameters are 
measured in relatively small values, any very small error of the index can affect the measurement and results. 
Finally, the implemented algorithm can be considered accurate for determine the above mentioned 
parameters. For the future, several pathologic voices should be used to test the algorithm within a real situation. 
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